This paper first reviews the state-of-the-art noise reduction methods and points out their vulnerability in noise reduction performance and speech quality, especially under the low signal-noise ratios (SNR) environments. Then this paper presents an improved perceptual multiband spectral subtraction (MBSS) noise reduction algorithm (NRA) and a novel robust voice activity detection (VAD) based on the amended sub-band SNR. The proposed SNR-based VAD can considerably increase the accuracy of discrimination between noise and speech frame. The simulation results show that the proposed NRA has better segmental SNR (segSNR) and perceptual evaluation of speech quality (PESQ) performance than other noise reduction algorithms especially under low SNR environments. In addition, a fully operational digital hearing aid chip is designed and fabricated in the 0.13 μm CMOS process based on the proposed NRA. The final chip implementation shows that the whole chip dissipates 1.3 mA at the 1.2 V operation. The acoustic test result shows that the maximum output sound pressure level (OSPL) is 114.6 dB SPL, the equivalent input noise is 5.9 dB SPL, and the total harmonic distortion is 2.5%. So the proposed digital hearing aid chip is a promising candidate for high performance hearing-aid systems.
Introduction
Every year, the need for hearing aid (HA) rises exponentially due to the dramatic number of individuals who suffer from some degree of hearing loss [1] . And the speech processing of hearing aid often operates under noisy environments. The background noise not only degrades speech quality and intelligibility, but also increases the discomfort of hearing aid users. Thus, the noise reduction is necessary for hearing aid designs.
Many noise reduction methods have been proposed [2] , [3] . These methods include those based on low-level expansion [4] , envelope tracking [5] , envelope modulation filtering [6] , adaptive low-pass [7] and high-pass filtering [8] , Winner filtering [9] - [11] , statistical model based minimum mean square error (MMSE) estimators [12] , subspace algorithm [13] and spectral subtraction [14] - [23] . In addition, designing modern HA is a constant compromise between power, size and performance. So as one of the most important speech processing algorithms in HA, the noise reduction algorithm needs better performance and lower computational complexity. Among all these methods, Wienerfiltering-based or MMSE-based approaches are generally providing a good enhancement quality from the viewpoint of both noise reduction performance and the amount of nonlinear artifacts generated. But these methods require more complex operation than spectral-subtraction-based approaches. And the noise signal does not affect the speech signal uniformly over the whole spectrum, some frequencies are affected more adversely than others, so the noise reduction should be processed in the multiband. Exactly the multiband spectral subtraction (MBSS) can provide a good tradeoff between quality and computational complexity. So it has been a good choice for hearing aid applications. The first version of spectral subtraction was proposed by Boll [15] . This method is capable of eliminating the stationary noises. Then, this method was developed by Berouti in order to improve the spectral subtraction to avoid musical noises [16] . In 1994, Martin [17] developed an algorithm which eliminates the need for explicit speech pause detection without substantial increase in computational complexity based on spectral subtraction and minimum statistics. After that, one of the popular improvements was made by Kamath in 2002 with his MBSS method [18] . There are several researches to MBSS with different approaches in order to make better speech enhancement performance. In 2008, a non-linear multi-band Bark scale frequency spacing approach was proposed to reduce coloured noises [22] . Then, in 2009, the perceptual frequency weighting function was introduced for improving the MBSS. This method can efficiently maximize additive noise reduction while minimizing the speech distortion [24] . The MBSS method based on phase modification and magnitude compensation was introduced in 2011. This method outperforms the original multi-band spectral subtraction method resulting in superior speech quality and well reduced musical noises [25] . The iterative processing of MBSS was introduced in 2012 [26] . In the same year, the spectral subtraction method combined with auditory masking properties was investigated [27] . The test result showed that it can considerably enhance the noise speech corrupted by white noise and reduce the musical noise. The noise reduction method based on MBSS and entropy-based VAD was introduced Copyright c 2017 The Institute of Electronics, Information and Communication Engineers in 2014. This method can be simplified and still achieves good performance [28] , [29] . In 2016, a speech enhancement approach based on analysis-synthesis framework was proposed [30] . The proposed approach takes advantage of the analysis-synthesis framework and an improved multiband summary correlogram (MBSC) pitch detection algorithm to effectively eliminate musical noise.
In addition, in the recent years, a new generation of binaural hearing aids is available. So different binaural noise reduction techniques have been proposed for enhancement of the target signal arriving from any arbitrary direction (i.e., sound localization). These binaural noisereduction strategies are based on spectral subtraction [31] , statistical methods [32] , and multichannel Wiener filtering (MWF) [33] , [34] . The majority of the reported binaural noise-reduction techniques is fully exploiting this binaural unmasking effect to further improve speech intelligibility. But the binaural techniques are just compensatory for the basic noise reduction algorithms (i.e., spectral subtraction), so it is also necessary to improve the noise reduction algorithm for the binaural or monaural hearing aids.
However, these algorithms might introduce artificial noise problem mainly reflected in weakening the smoothness of the enhanced signals. This noise is mainly caused by the switches among non-linear functions of these algorithms. And the reason of generating non-linear functions is that the noise reduction is processed based on independent signal frame. So the proposed improved perceptual multiband spectral subtraction NRA takes advantage of the neighbourhood information of the adjacent signal frames and smooths the signal power spectrum of each sub-band in the different signal frames. Furthermore, in order to improve the smoothness of the enhanced signals, the proposed NRA is implemented using frame-based fast Fourier transform (FFT) processing with a frame size of 320 samples (zero-padded to 512 samples for the FFT) corresponding to 20 ms, and a frame advance of 160 samples (a half signal frame, corresponding to 10 ms) instead of 320 samples (a whole signal frame).
Besides, for high de-noise efficiency, the noise reduction always embeds VAD in order to distinguish between speech dominated duration and noise dominated duration. The traditional VAD usually detects voice based on zero crossing rate [35] or entropy [28] . The accuracy is quite high in high SNR stationary noise environment, but, under the low SNR or non-stationary noise environments, the accuracy of VAD is quite low due to the inaccurate background noise estimation. In order to improve the accuracy of VAD especially under the low SNR noise environments, the proposed SNR-based VAD adopts a decision rule based on two critical parameters, the normalized SNR of each sub-band and the deviation value of power spectrum in different subbands, which can be adaptively amended according to the SNR level and the power spectrum of each sub-band.
In addition, a fully operational digital hearing aid chip is designed and fabricated in the 0.13μm CMOS process based on the proposed NRA. Moreover, the internal status controller and parameter interface are proposed in the hearing aid chip to adjust the degree of noise reduction, so that the noise reduction method is more appropriate for different background noise environments.
The remainder of this paper is organized as follows. Section 2 presents the architecture of the fully operational digital hearing aid chip. Section 3 discusses the improved perceptual multiband spectral subtraction NRA and the novel robust VAD based on amended sub-band SNR. Section 4 describes the performance analysis and implementation results. Conclusions are finally drawn in Sect. 5. Figure 1 shows the system block diagram of the proposed fully operational digital hearing aid chip together with its Sigma-Delta Codec, dedicated digital signal processor (DSP), parameter interface and internal status controller. The Sigma-Delta Codec is a low power intellectual property (IP) core which consists of the preamp, the 16 bit SigmaDelta analog to digital converter (ADC) and digital to analog converter (DAC), and the driver of the receiver. The dedicated DSP includes FFT, inverse fast Fourier transform (IFFT), four speech processing algorithms, and the shared arithmetic unit. The four speech processing algorithms consist of noise reduction (NR), wide dynamic range compression (WDRC), frequency shifting (FS), and feedback canceller (FC). WDRC compresses the dynamic range of the amplified signal to match the residual dynamic range of patients and also protects the residual hearing ability of patients. FS is designed for compressing and shifting the high frequencies above a pre-calculated cut-off frequency to a lower frequency range to improve high-frequency intelligibility. FC is designed for reducing the feedback of the hearing aid system. We did sufficient analysis of the four speech processing algorithms and extracted the shared arithmetic unit to reduce the computational complexity for low-power consideration. The internal status controller is designed to achieve the fully operational speech processing algorithms system. Because of the internal status controller we can Fig. 1 System block diagram of the proposed digital hearing aid chip selectively enable or disable these speech processing algorithms and change the processing degree of these algorithms according to the background noise condition. We can also program the parameters of the status controller and the dedicated DSP through the parameter interface. In this paper we mainly discuss the noise reduction algorithm (NRA) of the dedicated DSP, which is described as follows.
Chip Architecture

Proposed Improved Perceptual MBSS NRA and SNR-Based VAD
The block diagram of the proposed NRA is shown in Fig. 2 .
The proposed NRA has similar procedure with the conventional MBSS, but improves the latter in the aspects as follows. 1) In order to improve the accuracy of VAD especially under the low SNR noise environments, the proposed SNR-based VAD adopts a decision rule based on two critical parameters, the normalized SNR of each sub-band and the deviation value of power spectrum in different subbands. 2) To solve the artificial noise problem and achieve the smoothness of enhanced signals, the proposed NRA employs smoothing the signal power spectrum of each subband in the different signal frames when the sub-band SNR is calculated and the sub-band noise power is estimated.
3) Furthermore, the proposed NRA is implemented using frame-based FFT processing with a frame size of 320 samples (zero-padded to 512 samples for the FFT) corresponding to 20 ms, and a frame advance of 160 samples (a half signal frame, corresponding to 10 ms) instead of 320 samples (a whole signal frame). In this system, each current noisy speech signal frame consists a new set of 160 samples and the front half of last signal frame. Then the current signal frame is windowed and transformed into frequency domain through FFT. The noisy speech signal is decomposed into K number of sub bands based on critical frequencies. Then the SNR of each sub-band is calculated before the VAD and amended after the VAD. The gain function of each sub-band can be calculated based on the amended SNR and the estimated noise power. Finally, the enhanced signal is reconstructed from IFFT and Overlap-Add.
Sub-Band SNR Calculation
To suppress residual noise, the noise power spectrum must be estimated accurately. So the input signal is decomposed into K number of sub-bands to calculate noise power spectrum respectively.
As shown in Table 1 , the different frequency ranges have different contributions to speech intelligibility [36] . To avoid spectral distortions in the sounds [37] , according to the relation, the frequency range is divided into six bands shown in Table 1 , so K is assigned 6.
The signal power spectrum E y (m, k) of each sub-band is calculated by the average of the square of the original signal spectrum Y(m, k, i) according to 
where m = 1, 2, . . . , M is the frame index, k = 1, 2, . . . , K is the frequency bin index in each sub-band of one signal frame. M is the total number of frames and K is the total number of sub-bands in one signal frame. N k is the number of data for sub-band k.
Because there is a relationship between the adjacent signal frames, we can smooth the signal power spectrum of each sub-band in different signal frame, as shown in
where E min = 0.0625, which is the allowed minimum signal power spectrum of each sub-band. And, E min is determined by the average value of minimum signal power spectrum of each sub-band, and through a large number of experiments, it is found that 0.0625 is the best choice for E min in terms of the final output SNR of the algorithm, especially when the signal power spectrum of the sub-band is small. And 0.0625 can be implemented by right shift 4 bit, so it can reduce the computational complexity. E y (m − 1, k) is the signal power spectrum of last signal frame. α(m) is the smooth factor and is assigned to the value 0.45, which is an empirical value for simple numerical smooth [17] , [38] , as shown in
The SNR of each sub-band can be calculated using the Eq. (4), as shown in
where E n (m, k) is the estimated noise power spectrum, which is calculated in Sect. 3.2.
Proposed SNR-Based VAD and Noise Power Estimation
In order to improve the accuracy of VAD and the performance of noise reduction especially under the low SNR noise environments, the proposed SNR-based VAD adopts a decision rule based on two critical parameters, the normalized SNR of each sub-band and the deviation value of power spectrum in different sub-bands, which can be adaptively amended according to the SNR level and power spectrum of each sub-band. The normalized SNR (NSNR) is defined as the Eq. (5) and applied to achieve accurate logical judgment of VAD with low computational complexity. 
NS NR(m, k)
Under the low SNR noise environments, the excessive low NSNR will lead to low gain function, and then the low gain function will weaken the smoothness of the enhanced signal. In order to improve this situation, the NSNR of each subband should be amended according to the NS NR sum (m) and NS NR(m, k), as shown in
where NS NR sum T H, NS NR T H, and NS NR cons are predefined thresholds and can be adaptively amended according to the background noise condition and programed through the parameter interface. In addition, NS NR sum T H and NS NR T H are determined experimentally according to the minimum value of NS NR sum (m) and NS NR(m, k), respectively. NS NR cons is assigned higher than NS NR T H to avoid that NS NR(m, k) is too small to result in a small gain function, which will lead to obvious discontinuity in the enhanced signal.
The NS NR sum (m) is one of the parameters which are used for conditioning the noise signal frame. In order to improve the accuracy of VAD, another parameter is introduced, which is the deviation value between the signal power spectrum of the current signal frame and the average long time signal power spectrum (the average signal power spectrum of the last signal frames).
The logarithm E db (m, k) of the current signal frame power spectrum E y (m, k) can be calculated using the Eq. (8), as shown in
The deviation value ΔE(m) is calculated as
where E db (m, k) is the average long time signal power spectrum and is calculated as
where β(m) is the self-adaptive averaging factor [38] and interrelated to E sum (m) which is the sum power spectrum of all sub-bands in one signal frame. β(m) and E sum (m) are given by the Eq. (11) and Eq. (12) respectively.
E sum (m) = 10 log
where
is the self-adaptive averaging factor, it should be more than 0.5; therefore, we assign β L = 0.5. The β(m) should be less than 1, so we assign β H = 0.99. The experimental results indicate that E sum (m) swings around 50, and the swing range is about 20. So we assign E H = 50, and E L = 30. The VAD decision rule is based on the NS NR sum (m) and ΔE(m), as shown in Fig. 3 . The NS NR sum T HR and ΔE T HR are pre-defined thresholds, which can be adjusted adaptively. Assuming that the first 32 signal frames are noise frames, so the NS NR sum (m) and ΔE(m) of the 32 signal frames can be calculated according to the Eq. (6) and Eq. (9) . Their averages are regarded as the initial thresholds of NS NR sum T HR and ΔE T HR. The thresholds will be updated when the current frame is judged as a noise frame, as shown in the Eq. (13) and Eq. (14) .
NS NR sum T HR = ∂1 · NS NR sum T HR
where ∂1 = 0.98 and ∂2 = 0.8. They are the thresholds update coefficients which can be programed through the parameter interface. And in order to make NS NR sum T HR and ΔE T HR update mainly based on their previous value, ∂1 and ∂2 are empirically assigned to around 1 [38] .
As shown in Fig. 3 , if VAD f lag = 0, the current signal frame is a noise frame; and when VAD f lag = 1, the current signal frame is a speech frame. If the current signal frame is the speech frame continuously and the deviation value ΔE(m) is continuously less than ΔE T HR, the VAD cnt will increase. When the VAD cnt is equal to 32, the E n (m, k) will also be updated so that the noise estimation will keep changed if the condition of background noise has a big change. The E n (m, k) is updated as the Eq. (15) when the current signal frame is a noise frame.
where E min = 0.0625 and it is the allowed minimum signal power spectrum of each sub-band, α n is the smooth factor of sub-bands noise power spectrum. In order to make E n (m, k) contribute more to E n (m + 1, k), α n is assigned to around 0.9, which is an empirical value for simple numerical smooth [38] .
Gain Function of Each Sub-Band Calculation
The gain function of each sub-band can be calculated based on the amended NSNR and the estimated noise power. First, the gain factor of the current signal frame is calculated according to the Eq. (16), as shown in
where G f (m) is the gain factor of the current signal frame, G min is the allowed minimum gain which can be programed through the parameter interface, and G min can indirectly adjust the degree of noise reduction. Then we can calculate the linear gain function of each 
And then the enhanced signal in time domain can be reconstructed from IFFT and Overlap-add.
Low Computational Complexity Consideration
In the proposed algorithm, multiplications are the bottleneck of the computational complexity. To reduce these costs, all multipliers are designed based on shifting and addition logic. For example, A (n bits) can be split as shown in Eq. (19) , where a (n−1) ∼ a (0) is 0 or 1. So the multiplication of two operands, A and B, can be expressed as the sum-shift format, as shown in Eq. (20) .
And the complicated logarithms and divisions are replaced by the multiplications according to the simplification method introduced in [29] . Moreover, the exponents are implemented in table lookup. In addition, we did sufficient analysis of the four speech processing algorithms and extracted the shared arithmetic units to reduce the computational complexity for low-power consideration. Because the four speech processing algorithms are executed one by one in proper order, so they can invoke the shared arithmetic units independently.
Performance Analysis and Implementation Results
The simulations are executed to evaluate the performance of the proposed VAD and NRA. For VAD, the detection accuracy presented as percentage is calculated. The VAD accuracy is the percentage of the number of correctly detected frames to total number of frames. The number of correctly detected frames is total number of frames minus the number of missing frames (speech frame but detected as noise frame) and false alarmed frames (noise frame but detected as speech frame). For noise reduction, segmental SNR (segSNR) and ITU-T P.862.2 Perceptual Evaluation of Speech Quality (PESQ), whose assessing programs are provided by [2] , are calculated to evaluate the reduction performance and speech quality respectively. In the performance simulations, 32 Mandarin Chinese two-characters are concatenated into four sentences and corrupted by white, babble, factory and car noise provided by NOISEX-92 database [39] . The system sampling rate is 16 kHz. The proposed NRA is implemented using frame-based FFT processing with a frame size of 320 samples (zero-padded to 512 samples for the FFT) corresponding to 20 ms, and a frame advance of 160 samples (corresponding to 10 ms). Figure 4 displays the accuracy of the proposed SNR-based VAD compared with the sample-based entropy VAD [28] , [29] and FFT-based entropy VAD [40] at five various input SNR levels and under four types of background noise environments. The sample-based VAD [28] , [29] proposes a feature parameter, called spectral entropy, which exploits the use of the banded structure on speech spectrogram. And it adaptively selects useful bands not corrupted by noise to distinguish a speech from a nonspeech. The FFT-based entropy VAD [40] first calculates the probability density function of spectrum and then compares these values of features with preset thresholds to enhance the discriminability between speech signals and noise signals.
Proposed VAD Performance
The simulation results indicate that the accuracy of the proposed VAD is ranged from 68% to 93% for different SNR levels and noise conditions. And the accuracy of the proposed SNR-based VAD is about 5% to 20% higher than the sample-based VAD and FFT-based entropy VAD especially for signals under 6 dB SNR. The reason is that the detection accuracy of the sample-based VAD and FFT-based entropy VAD is susceptible to large background noise and becomes lower for low SNR environment. On the contrary, the proposed SNR-based VAD adopts the decision rule based on two critical parameters, the normalized SNR of each subband and the deviation value of power spectrum in different sub-bands, which can be adaptively amended according to the SNR level and power spectrum of each sub-band. So it can be appropriate for different SNR environments especially under the low SNR noise environments. Figure 5 shows the simulation results of the proposed NRA with a noisy speech segment corrupted by 10 dB white noise from NOISEX-92 database [39] . It is obvious that the proposed method can achieve better noise reduction performance than the traditional MBSS. The proposed method reduces the noise in the speech period but maintains the formats of the speech, and the noise in the period of non-speech is also considerably reduced.
Proposed NRA Performance
To evaluate the reduction performance (evaluated by segSNR) and speech quality (evaluated by PESQ) respectively, the proposed NRA is compared with other different noise reduction methods such as Wiener filter (wiener wt) [11] , subspace (klt) [13] , the mband [18] , the sample-based [28] , [29] , and MBSC [30] at five different input SNR levels (0, 3, 6, 9, 12 dB) and under four types of background noise environments (white, babble, factory and car). The programs of the wiener wt, klt, and mband algorithms are provided by [2] , and the programs of the samplebased and MBSC methods are provided by [28] , [29] and [30] , respectively. The average PESQ scores with four types of background noises at the different input SNR levels are shown in Table 2 and Fig. 6 . It is noted that an average of around 0.9 ∼ 0.3 point improvement over the conventional methods are achieved in the various conditions. So in comparison with the different noise reduction methods, the proposed method achieves better objective speech quality.
The average segSNR of the different noise reduction methods under four types of background noise at the different input SNRs are shown in Table 3 and Fig. 7 . The simulation results reveal that the proposed NRA has obvious improvement in comparison with the conventional methods due to the good VAD results, especially at low input SNR. The results show that the average improvement of segSNR is about 5.7 ∼ 1.2 dB over the conventional noise reduction methods, respectively.
Implementation Results
The fully operational digital hearing aid chip containing the proposed NRA and VAD is fabricated in the Semiconductor Manufacturing International Corporation (SMIC) 0.13 μm CMOS process. The micro photograph of the digital hearing aid chip is shown in Fig. 8 . The parameter interface, status controller, and dedicated DSP was designed in digital integrated circuit and merged together. Table 4 shows the implementation summary. The total power consumption is measured by the real chip (including the SRAM power), and the power consumption of NRA is estimated according to post-simulation of the design com- piler. The power reduction is mainly because of the proposed low-power approach introduced in Sect. 3.4. In addition, the gated clock and operand isolation techniques are applied in order to reduce the power consumption. Comparison for area, power and latency to other implementations is difficult to perform, because of diverged sub-band decomposition method, sub-band number, the number of speech processing algorithms and the power consumption of the analog circuits. A hearing aid is made based on our proposed fully operational digital hearing aid chip, as shown Fig. 9 . We test the hearing aid on FONIX TYPE 7000 ANALYZER which is a a professional instrument for hearing aid acoustic test and the test scene is shown in Fig. 10 . The WDRC, FS and FC algorithms are programed to be disabled through the parameter interface to show the performance of noise reduction. Figure 11 shows the performance of the proposed NRA on background noise reduction. It is obvious that the background noise is reduced when the NRA is enabled.
In addition, the sample-based NRA leads to at least one sample latency of the algorithm. The frame advance of the algorithm is 160 samples (corresponding to 10 ms for 16 kHz sampling rate). So, the preparation time of a frame is 10 ms, and the time will be decreased if we decrease the samples of a frame. The timing sequence diagram of the hardware implementation is shown in Fig. 12 . The processing latency of all the algorithms is about 0.79 ms, and the noise reduction takes about 0.13 ms. Because the proposed algorithms are implemented in application specific integrated circuit (ASIC) and the chip can work at 50 MHz maximum clock rate, the processing time of the algorithms is short. So the total latency of the proposed HA system is 10.79 ms, and it can meet the latency tolerance of HA (about 10 ms ∼ 15 ms) [40] . The acoustic test result is shown in Fig. 13 and the summary of the acoustic test results is shown in Table 5 . The maximum output sound pressure level (OSPL) is 114.6 dB SPL, the equivalent input noise is 5.9 dB SPL, and the total harmonic distortion is 2.5%. Acoustic test result shows that the proposed digital hearing aid chip is a promising candidate for high performance hearing-aid systems.
A limitation of this study is that the experiments involve software simulations, and the acoustic test result with the professional instrument. However, the subjective speech intelligibility improvement and discomfort feeling reduction should be evaluated in the clinical trials. These will be conducted in our future study.
Conclusions
This paper presents an improved perceptual multiband spectral subtraction noise reduction algorithm and a novel robust voice activity detection based on amended sub-band SNR. The proposed NRA employs smoothing the signal power spectrum of each sub-band to deal with the artificial noise problem and achieve the smoothness of the enhanced signals. In order to improve the accuracy of VAD and the performance of noise reduction especially under the low SNR noise environments, the proposed SNR-based VAD adopts a decision rule based on two critical parameters, the normalized SNR of each sub-band and the deviation value of power spectrum in different sub-bands. The simulation results show that the accuracy of the proposed SNR-based VAD is about 5% to 20% higher than the sample-based VAD [28] , [29] and FFT-based entropy VAD [40] especially for signals under 6 dB SNR noise conditions. In different noise environments, the average improvement of PESQ is 0.9 ∼ 0.3 point and segSNR is 5.7 ∼ 1.2 dB over the conventional noise reduction methods [11] , [13] , [28] - [30] respectively. In addition, a fully operational digital hearing aid chip is designed and fabricated in the 0.13 μm CMOS process based on the proposed NRA. The final chip implementation shows that the whole chip dissipates 1.3 mA at the 1.2 V operation. A hearing aid is made based on the proposed fully operational digital hearing aid chip. Acoustic test result shows that the maximum output sound pressure level (OSPL) is 114.6 dB SPL, the equivalent input noise is 5.9 dB SPL, and the total harmonic distortion is 2.5%. So the test results demonstrate that the proposed digital hearing aid chip is a promising candidate for high performance hearing-aid systems.
